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ABSTRACT
ABSTRACT
ACTIVE MINIMIZATION OF ACOUSTIC ENERGY DENSITY TO
ATTENUATE RADIATED NOISE FROM A
DIESEL GENERATOR

Andrew Johnson Boone
Department of Mechanical Engineering
Master of Science

The focus of this thesis was to use active noise control (ANC) to globally
minimize the tonal and broadband noise radiating from a diesel generator enclosure. The
major goal of this research was to show that minimizing the noise within the enclosure
can lead to an overall sound pressure level (SPL) reduction of radiated noise. The target
levels for overall SPL reduction were at least 2 dBA.
The control algorithms used in this research were based on a filtered-x LMS
adaptive algorithm, which minimizes energy density (ED).

Both feedforward and

feedback control approaches were investigated.
The noise spectrum produced by the diesel generator enclosure includes tonal and
broadband components. The target range for control was from 0 to 300 Hz. Tonal

vii

viii

frequencies at exterior locations were often reduced by 20 to 30 dB using feedforward
control. With feedback control, tones were reduced 5 to 10 dB. Broadband control
results were obtained at an exterior location using a feedforward control configuration.
This control was achieved for frequencies between 100 and 600 Hz and levels were
reduced by up to 5 dB. Some broadband control was achieved using feedback control,
but this was limited to regions at the error sensor.
An overall SPL reduction of 1.9 dBA outside the enclosure was achieved near the
power terminal side of the enclosure. This was accomplished using tonal and broadband
feedforward control. Experimental results show that control source placement, as well as
error and reference sensor location, is key to global noise reduction
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1

INTRODUCTION

In this chapter, the concept of Active Noise Control (ANC) will be introduced.
The goals of this research will be presented, and the remaining chapters outlined.

1.1 ACTIVE NOISE CONTROL
ANC is achieved by generating sound that destructively interferes with an
unwanted noise field to provide cancellation. 1 It can be accomplished using feedforward
control, feedback control, or a combination of the two. 2 Feedback active control systems
1F

use a filtered and inverted output signal summed with the input signal to reduce noise.
When these input and output signals add destructively, feedback control is achieved.
Feedforward control uses a reference signal to anticipate the noise at some point in space.
This reference signal is used to generate a control signal that is produced 180º out of
phase with the disturbance at each frequency, thus canceling unwanted noise. 3
2F

Traditionally, ANC systems use pressure microphones as error sensors and focus
on minimizing the sum of the squared pressures (SP) or the potential energy density (PE)
associated with acoustic energy.

Research within the last decade has shown that by

minimizing acoustic energy density (ED), a value consisting of both potential energy
based on pressure and kinetic energy based on particle velocity, noise reduction can be
improved on a more global scale.2
157H

1

1.2 OBJECTIVES AND GOALS
The objective of this research is to globally minimize the broadband and tonal
noise radiating from a diesel generator enclosure by at least 2 dBA (overall SPL). This
will be measured by placing microphones in different exterior locations around the
generator. The long-term goal of this research is to reduce the low frequency noise
radiated by diesel generators to help minimize their acoustical impact on the
environment. A secondary objective of this research is to develop and test ED feedback
ANC. Figure 1-1 shows how this research contributes to the field of noise control.

Figure 1-1

Research contribution in the field of active noise control.
2

1.3 THESIS OUTLINE
Chapter 2 gives a background and history of ANC and ED, and how it has been
applied to enclosures and generators.

Chapter 3 introduces the different control

algorithms used in this research. Chapter 4 provides a description of the experimental
setup. Enclosure characteristics, control system hardware, measurement equipment, and
procedures are discussed in detail. Chapter 5 presents results obtained using different
control procedures.

Results for feedforward and feedback control configurations are

shown. Conclusions for this research are made in Chapter 6 as well as recommendations
for future work. A list of references appears at the end of this document, followed by the
Appendix, which contains additional measurements as well as code used in signal
processing.

3

4

2

BACKGROUND AND LITERATURE
REVIEW

This chapter gives a background and brief historical overview of the development
and progress of ANC.

Traditional methods are discussed as well as the more recently

established methods which minimize ED.

Previous work in minimizing noise in

enclosures is also reviewed.

2.1 ACTIVE NOISE CONTROL
Noise problems have become a major concern at home and in the workplace.
Industrial equipment, heating and cooling systems, fans, blowers, and many other
mechanisms create unwanted environmental noise. Passive control techniques including
enclosures, barriers, and absorptive materials and linings can successfully reduce high
frequency noise.

However, such passive techniques become bulky, less efficient, and

expensive when reducing low frequency noise.3
ANC is a feasible solution for minimizing much of this low frequency noise.
ANC is based on the principle of superposition of sound waves as seen in Figure 2-1. A
secondary cancellation signal is generated with an amplitude equal to, and phase opposite
that of the unwanted primary signal. The two waves combine and the net result is a
cancellation of both signals. A system’s control potential depends on how well the phase
and amplitude of the primary signal is determined and reproduced by the secondary
cancellation signal.3,4
5

Figure 2-1
Active noise control is based on the interference of primary and
secondary signals to minimize sound wave amplitude.

ANC was first conceived and implemented in the early 1930’s.3

The first

application was an attempt to cancel periodic acoustic noise in a duct. Due to system
instabilities caused by electronics and undesired standing waves, this system was
unsuccessful and interest in ANC dwindled for decades.3 In the 1950’s an ANC device
was built that employed feedback control. This system suffered from high frequency
instabilities caused by electronics and had a very limited frequency range of operation.3
Despite these limitations, it was able to attenuate noise in a very localized region. Again,
however, efforts in ANC lost momentum for several decades and little advancement was
made.1,2,5

6

There have been significant advances in ANC system implementation since the
late 1970’s, due in large part to the development of Digital Signal Processing (DSP)
technology and advances in adaptive control algorithms.3

Today ANC systems are

found in common areas of industry, such as automobiles, airplane cabins, and audio
headsets. 6

2.2 ENERGY DENSITY
Traditional methods of ANC such as SP or PE are associated with the
minimization of acoustic pressure.

ED minimization however, considers both the

acoustic pressure and acoustic particle velocity of a sound field, making it a more
comprehensive noise control approach.
Acoustic ED is a value that consists of the sum of potential and kinetic energy
densities. This energy density is calculated at a given location in space and time as

p(a) 2 ρ r r
w(a) = wP (a) + wK (a) =
+ v ⋅v * (a).
2ρ c 2 2

(2.1)

The potential energy density of a fluid is associated with acoustic pressure, while the
kinetic energy density is associated with acoustic particle velocity. Here, p is the acoustic
r
pressure, ρ the fluid density, c the acoustic phase speed, and v the acoustic particle
r
velocity. For this case p and v are measured at position a = (x,y,z,t). 5,7,8

Measuring the pressure at a point in space and time can easily be done with a
pressure microphone. It can be challenging however, to obtain an exact measurement for
acoustic particle velocity.
microphone technique.8

This value can be accurately approximated using a two
Energy density and how it was measured for this research are

discussed in greater depth in Section 4.2.1.

7

ANC systems based on ED minimization have been investigated since the early
1990’s. Sommerfeldt and Nashif studied the effectiveness of ED minimization in ducts
using a one-dimensional ED sensor in 1992.8 In 1995, Sommerfeldt and others continued
ED minimization research developing a single 3-axis ED probe for use in rectangular
enclosures. 9

Work in ANC using ED continues today.

Theoretical models and experimental research in ED minimization reveal
advantages over traditional SP and PE control methods. Control systems based on ED
minimization are less sensitive to error sensor placement than systems based on SP.8
Control systems based on minimizing the sum of energy densities at discrete points also
show improved global noise reduction. 10

2.3 ACTIVE NOISE CONTROL IN ENCLOSURES
Promising results have been obtained in research done on the active minimization
of ED in enclosures.

At The Pennsylvania State University, J. W. Parkins headed

research showing that ANC minimizing ED can be used to attenuate both broadband and
narrowband noise within a three-dimensional enclosure.10 Research conducted by B. M.
Faber at Brigham Young University showed that tonal noise radiating from an outside
source can be locally controlled within a three-dimensional enclosure by minimizing
ED.6
Research in minimizing noise radiating from an enclosed power generator has
been conducted by M. Cuesta and P. Cobo. 11,12 This work focused on minimizing the
exhaust noise radiating from an enclosed Honda EG1900 generator. The control system
used in this research was based on a feedforward SP minimization algorithm. The error
sensor was placed in the exhaust duct, and the reference signal was obtained using

8

accelerometers mounted on the engine block. Control results showed tonal reductions of
20 to 30 dB at some of the engine harmonics, but were limited to tonal regions where
signals were coherent between error and reference sensors.

9

10

3

THEORY

In this chapter, the adaptive noise control algorithms used in this research are
discussed and developed.
introduced.

The adaptive least-mean-square (LMS) control algorithm is

Filtered-X LMS (FXLMS) algorithms based on SP and ED are developed

for both feedforward and feedback control configurations.

The methods for obtaining

control path transfer functions are also addressed.
Basic feedforward and feedback systems are shown in Figure 3-1. Both systems
have a primary sound source. This primary signal is to be minimized at a control location
(error sensor).

This example shows ANC systems operating in a duct, but the same

principles apply for other sound fields as well.
For the feedforward system in (a), this primary signal is sampled by the reference
sensor. This sampled signal is used to predict the sound that arrives at a control location.
This sampled signal is used to cancel the primary signal that arrives at the error sensor by
updating an adaptive filter.

This adaptive filter adjusts the amplitude and phase of a

control signal to minimize the sound pressure at the error sensor. This feedforward
system will be capable of both tonal and broadband control if the acoustic delay (the time
for the primary signal to travel from the reference mic to the secondary source) is less
than the electrical delay (the signal processing time of the adaptive controller).13
The feedforward system becomes a feedback system, shown in (b), by removing
the reference sensor and placing the error sensor closer to the secondary control source.
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A signal from the error sensor is now used to adjust the adaptive filter and produce the
control output of the secondary source.

Instead of canceling the predicted field, it

attenuates the residual effects of the signal after it has passed. 13

Adaptive Filter
Update

Secondary Source
Primary Source

Error Sensor

Reference Sensor

(a)

Adaptive Filter
Secondary Source
Primary Source
Error Sensor

(b)
Figure 3-1
Basic ANC systems: (a) an adaptive feedforward system, (b) an
adaptive feedback system.4,13

Feedforward control systems have some advantages over feedback. Generally,
feedforward systems are more stable and robust, because they can predict in the future
what will happen at a given point. 14

This can be challenging however because control

using a feedforward system requires that a reference signal be accurately reproduced
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through a secondary control source and arrive at the error sensor in time to cancel the
unwanted noise.13

In other words, signal reproduction (coherence) and time delays

(causality) can limit control system performance. These limiting factors are discussed in
more detail in Section 5.1.
Because feedback systems obtain both an error and reference signal at the same
location, they are often less stable than feedforward systems. Although this is the case,
feedback systems have some advantages over feedforward systems.

They are less

susceptible to measurement noise associated with coherence because the error sensor
produces both reference and error signals.

Time delays in feedback systems can be

smaller because the error sensor and control actuator can be placed closer together.13

3.1 LEAST-MEAN-SQUARE ALGORITHM
In this research, both feedforward and feedback systems are based on the adaptive
LMS algorithm. This algorithm is briefly introduced and developed in this section.
The adaptive LMS algorithm is one of the most widely used control algorithms in
ANC design.

It is a steepest descent algorithm designed to converge to an optimal

control solution by adjusting a set of filter coefficients, W.

This value, W, is a vector

quantity and can be defined as
W T (n) = [ w0 (n) w1 ( n) L w I −1 ( n)].

(3.1)

Here n represents the current time value in discrete form for W. This filter has a length
of I. In this research, all filters are of finite length and are therefore finite impulse
response (FIR) filters.
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This LMS control filter is adaptive, and its coefficients are updated as shown in
Equation (3.2)
W (n + 1) = W (n) − μe(n) X(n).

(3.2)

Here W (n + 1) is the updated value of the control filter W, X(n) is a vector of similar

length I, which contains the current sample x(n) followed by the previous I-1 samples of
the system input. The error signal to be minimized is e(n), and μ is the convergence
parameter which dictates step size, convergence speed, and algorithm stability.6
The LMS algorithm was initially developed for control systems where the control
path transfer function, or the path the control signal takes, is through an electrical system
and has a value of unity. Such a path does not need to be specifically modeled in the
algorithm. However, for acoustical systems this control path is not only through
electronics, but an acoustical medium as well, therefore, in order to avoid instabilities this
path must be accounted for. 6
Many adaptations of the LMS algorithm exist, which account for the control path
of acoustical systems. The FXLMS algorithm is one of these adaptations, and is the
algorithm used in this research. Two forms of this algorithm are developed in the next
two sections: a less complex form that minimizes SP and another that minimizes ED.

3.2 ADAPTIVE FEEDFORWARD ANC
In this section two adaptive feedforward algorithms minimizing SP and ED are
developed. Measurements for this research were taken using the ED based algorithm. The
SP based version is included here to help more clearly explain this algorithm.
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3.2.1 Pressure Based FXLMS
Figure 3-2 shows a block diagram of the FXLMS algorithm for SP minimization.
The difference between the LMS and FXLMS algorithms is the presence of the control
path transfer function H(z), where z represents the discrete frequency variable. H(z) is
the transfer function for the control system electronics, control actuator, error sensor, and
the acoustic propagation path in between. Physically, the transfer function W(z) comes
before H(z), but when the system is linear and time invariant, their order can be switched.
The control path transfer function H(z) is unknown for a system, but can be estimated
through a system identification routine discussed in more detail in Section 3.4.

This

ˆ (z) .
estimated secondary path value is an FIR filter H

Figure 3-2
Block diagram representation of the filtered-X LMS control
algorithm for squared pressure minimization.
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The reference signal is x(n), where n indicates a discrete point in time. This
reference signal x(n) travels through an unknown plant P(z), and becomes the “desired”
signal d(n). This signal d(n) is the noise that is to be cancelled. The “filtered-X” signal
r(n) is obtained from x(n) and the control path transfer function estimate ĥ(n), where
ĥ(n) represents the coefficients of Ĥ. The transfer function W(z) can be taken from the

discrete frequency domain into the discrete time domain using a Discrete Inverse Fourier
Transform. In this form, the control filter W(n), similar to the LMS control filter, is
updated by the error signal e(n) and r(n) (see Equation (3.4)). Multiplying updated W(n)
with x(n) generates a control output u(n), which travels through the control path H to
become y(n), which sums with d(n) at the error sensor. When the filter W(n) converges,
d(n) and y(n) destructively sum together to minimize e(n).4,6
The LMS control filter update Equation (3.2), is changed to include the “filteredX” vector term R(n), which is defined as
R T (n) = [r ( n) r ( n − 1) L r ( n − I + 1)].

(3.3)

The discrete time form of this equation implemented in the digital controller is
W(n + 1) = W(n) − μe(n)R (n).

(3.4)

The convergence characteristics for this control filter are very similar to the LMS
algorithm.

Only slight differences exist because the filtered-X signal includes the

estimate of the control path in addition to the reference signal.4
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3.2.2 Energy Density Based Filtered-X LMS
A FXLMS algorithm that minimizes ED was developed by Sommerfeldt and
Nashif.2

This algorithm is similar to the FXLMS algorithm previously discussed but

includes control path transfer functions for three velocity components in addition to a
pressure component.

A block diagram representation of this algorithm is shown in

Figure 3-3.

x(n)

d(n)

P(z)
W(z)

u(n)

Hall(z)

Ĥall(z)

r(n)

W(z)

+

e(n)

y(n)

Pressure & Velocity
Pressure
Figure 3-3
Block diagram representation of the filtered-X LMS control
algorithm for energy density minimization.

Instead of minimizing SP, as was the case in the previous algorithm, ED is
minimized.

In order to do this, different acoustic components are used throughout this

algorithm.

A reference key for these different components is shown in the bottom left

corner of Figure 3-3.

The solid line represents the acoustic pressure path obtained from
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a pressure reference sensor. Four control path transfer functions exist, Hv1(z), Hv2(z),
Hv3(z), and Hp(z) where 1 in the subscript represents a component in the x direction, 2 the
y direction, and 3 in z. These secondary path transfer functions are represented in the
block diagram as Hall(z).

As mentioned previously, these transfer functions can be

estimated using system identification. These four secondary path estimates are shown as
Ĥall(z).

To simplify the math, which is feasible for time-invariant systems, Ĥall(z) is

placed before the control filter W(z).2 Transforming into the time domain, W(z) becomes
W(n), and the update equation becomes
3
⎞
⎛ p (n)
W (n + 1) = W (n) − μ ⎜⎜ 2 R p (n) + ∑ ρ vm(n)R vm (n) ⎟⎟.
m =1
⎝ ρc
⎠

(3.5)

Here vm(n) and p (n) are the particle velocity and average pressure components, ρ the
fluid density, and c the acoustic phase speed. These values are used to calculate an ED
error signal e(n) at the error sensor.

The four filtered-X vectors Rp(n), Rv1(n), Rv2(n),

and Rv3(n) are calculated from x(n) and secondary path estimate coefficients ĥall(n).2

3.3

ADAPTIVE FEEDBACK ANC
Due to limited broadband control results using a feedforward system, a feedback

system that utilizes an FXLMS control filter was investigated. Two adaptive feedback
algorithms minimizing SP and ED are developed in this section.

3.3.1 Pressure Based Adaptive Feedback ANC
The adaptive feedback ANC (AFANC) system in Figure 3-4 minimizes SP and is
closely related to the FXLMS algorithms developed previously. It includes a similar
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adaptive control filter W(z). The control path transfer function is H(z) and this estimated

ˆ (z) . Because AFANC is a feedback system, the reference signal x(n) is
value is H
ˆ (z) . The
obtained from the error signal e(n) and the control loop including W(z) and H
unwanted noise signal d(n) is the same as seen in the pressure based FXLMS block
diagram and is summed with the arriving control signal y(n) at the error sensor e(n). 15

d(n)

W(z)
x(n)

u(n)

H(z)

r(n)

Ĥ(z)

+

e(n)

y(n)

W(z)

Ĥ(z)

-

+

Figure 3-4
Block diagram representation of an adaptive feedback ANC control
algorithm for squared pressure minimization.15
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The adaptive control algorithm used in this version of AFANC has the same form
as the pressure based FXLMS adaptive feedforward control algorithm. This equation can
be written as

W(n + 1) = W(n) − μ e(n)R(n).

(3.6)

The only difference is that the coefficients for the filtered-X vector R(n) are calculated
using a different reference signal
J −1

r (n) = ∑ hˆ j (n) x(n − j ).

(3.7)

j =0

Here the reference signal x(n) is derived from u(n), ĥ(n), and the error signal e(n) and is
obtained as follows
J −1

x(n) = e(n) − ∑ hˆ j (n)u (n − j ).

(3.8)

j =0

The control signal u(n) is obtained from the vector multiplication of W(n) and X(n) as
seen below:
u (n) = W T (n) X(n).

(3.9)

This pressure-based form of the AFANC feedback algorithm shows how the reference
signal is generated using the error sensor signal. For the ED based form, this reference
signal is also generated from the error signal. The ED error signal has multiple
components however, and only a single signal can be fed back to populate or update the
algorithm. This update path is discussed more in the following section.
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3.3.2 Energy Density Based Adaptive Feedback ANC
An AFANC algorithm minimizing ED was conceived at Brigham Young
University by Scott Sommerfeldt and Ben Faber. The three previous algorithms discussed
in this chapter are covered in more detail in the references listed.

Since AFANC

minimizing ED is new variation of existing feedback algorithms, it will be developed in
this section in greater detail.
The previous algorithms discussed use a single pressure based reference signal to
update the adaptive control filter. For the two feedforward systems, this reference signal
is obtained from the microphone reference sensor.

The feedback algorithm that

minimizes SP uses a different reference or path update, derived from the pressure based
error signal, the control output, and the estimated control path transfer function (see
Equation (3.8)).
The AFANC algorithm that minimizes ED has the ability to use any one of the
following reference signals obtained from the ED error sensor to provide an update for
the adaptive filter W: an average pressure, a single pressure, or any of three velocity
components. Unlike the FXLMS algorithm that minimizes ED, the reference signal for
this algorithm uses a feedback signal from the error sensor as the reference. This
reference signal is shown in Equation (3.13). Control results obtained using each of these
feedback update signals are presented in Chapter 5 of this Thesis. A block diagram form
of the AFANC algorithm that minimizes ED is shown in Figure 3-5.
The ED is calculated at the error sensor from the pressure and velocity
components of the secondary control signals y(n), and the primary noise source d(n). The
secondary path transfer functions Hp(z), Hv1(z), Hv2(z), and Hv3(z), (Hall(z) in block
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diagram), relate control output u(n) to y(n). The control output signal u(n) is calculated
just as it was for adaptive feedback minimizing SP
(3.10)

u (n) = W T (n) X(n).

d(n)

W(z)
x(n)

Ĥall(z)

+

u(n)

H(z)

r(n)

W(z)

e(n)

y(n)

Ĥ(z)

-

+

Pressure & Velocity
Pressure or Velocity

Figure 3-5
Block diagram representation of an adaptive feedback ANC control
algorithm for energy density minimization.

As was the case in the three previous algorithms, discrete time response vectors W(n) and
X(n) and can be written as
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W(n) = [ w(n) w(n − 1) L w(n − I + 1)]T

(3.11)

X(n) = [ x(n) x(n − 1) L x(n − I + 1)]T .

(3.12)

The coefficients x(n) of reference signal vector X(n) differ from a feedforward reference
signal because it can be found using an update from either a pressure or particle velocity
signal
J −1

x(n) = e( p or vr ) (n) − ∑ hˆ( p or vr ) j (n)u (n − j ).

(3.13)

j =0

In this equation, e( p or vr )(n) is the error signal of the chosen pressure or velocity component,
hˆ( p or vr )(n) are the estimated control path filter coefficients of the same component, and u(n)

is the secondary control signal derived above in Equation (3.10). ED control filter W is
updated according to the following
3
⎞
⎛ p (n)
W (n + 1) = W (n) − μ ⎜⎜ 2 R p (n) + ∑ ρ v m (n) R vm (n) ⎟⎟.
m =1
⎝ ρc
⎠

(3.14)

This equation appears the same as the FXLMS control filter minimizing ED. The
pressure p (n), particle velocities vm(n) in the x,y,z directions, the fluid density ρ, the
acoustic phase speed c, the microphone spacing distance d, and the convergence
parameter μ, are all the same. The filtered-X signals for the pressure and velocity
components Rp(n), Rv1(n), Rv2(n), Rv3(n) are calculated differently though. AS was the
case for the SP feedback form, this algorithm uses the feedback reference signal shown in
Equation (3.13). The time domain coefficients for these filtered-X values are found as
follows
23

K −1

r p (n) = ∑ hˆ pk (n) x(n − k )

(3.15)

k =0

J −1

rv1 (n) = ∑ hˆv1 j (n) x(n − j )

(3.16)

j =0

J −1

rv 2 (n) = ∑ hˆv 2 j (n) x(n − j )

(3.17)

j =0

J −1

rv 3 (n) = ∑ hˆv 3 j (n) x(n − j ).

(3.18)

j =0

Here, ĥp, hˆv1, hˆv 2, and hˆv 3 are the coefficients of the four estimated control path transfer
functions, Ĥp(z), Ĥv1(z), Ĥv2(z), and Ĥv3(z), ( Ĥall(z) in block diagram). The summations
in the above equations iterate through K-1 for the pressure components, and J-1 for
particle velocity components. These values K and J are the number of filter coefficients
used to estimate Ĥall(z) or the number of H-taps. 16 (In a similar manner, the size of
control filter W is specified as W-taps.) The values Ĥall(z), Hall(z), and Rp(n), Rv1(n),
Rv2(n), Rv3(n) are vector quantities and are defined in the same way as Equations (3.11)

and (3.12).

3.4 SYSTEM IDENTIFICATION
The secondary control path transfer function H is referred to in the algorithms
developed in the preceding sections. This value is the transfer function of the path
through which the control signal u travels en route to the error sensor. The secondary
path for the ANC system used in this research begins within the digital signal processor
(DSP). The DSP, which runs the adaptive control algorithms, sends the digital control
signal through D/A converters and other electronics (discussed in more detail in section
4.3.2) which low-pass filter, amplify, and condition the signal. Once the output signal
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leaves these electronics, it travels through a power amplifier and loudspeaker. This signal
then propagates through the acoustic medium of the control environment and reaches the
error sensor as the control output y. This control path is unknown, but can be estimated
using the procedures described below.
For this research, the secondary control path is estimated using a system
identification routine. System identification can be obtained online, while an ANC
system is running, or offline, before control is initiated. Both methods are effective in
modeling the secondary path, however, the online method requires processing power
while the control system is operating. An online identification routine is useful when the
secondary path changes significantly with time. For static systems, an offline control
approach is usually the better choice. An offline system identification routine was found
to work well for this research.
In offline system identification, a known signal x(n) is input into a control system
as shown in Figure 3-6. The unknown secondary control path transfer function H(z) is
modeled as Ĥ(z). This is done by changing the filter coefficients of Ĥ(z) to minimize the
error signal, where e(n) is the square of the difference between y(n) and r(n).6 As e(n) is
minimized, Ĥ(z) becomes a good approximation of H(z).
The number of filter coefficients or H-taps used, as well as other factors, will
affect how well Ĥ(z) is modeled, and ultimately how well the ANC system will operate.
For this research, results are obtained using 120 H-taps to model the control path, and the
input signal x(n) is white noise. The sampling frequency for the system is 2000 Hz, which
indicates that the frequency range over which the white noise input signal is broadcast is
the Nyquist frequency or 0 to 1000 Hz.
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x(n)

H(z)

y(n)

Ĥ(z)

r(n)

+

e(n)

-

Figure 3-6
Block diagram representation of an offline system identification
algorithm to determine the secondary control path H.
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4

EXPERIMENTAL SETUP

This chapter describes the experimental components used in this research,
including the diesel generator enclosure, control hardware, and measurement equipment.

4.1 DIESEL GENERATOR ENCLOSURE
The experimental work for this research was performed on a 45 kVA (36 kW)
WhisperWatt™ diesel generator enclosure shown in Figure 4-1. This enclosure measures
200 x 90 x 125 cm (79 x 35 x 49 in). It is powered by a 4-cyclinder Isuzu 4BG1 diesel
engine. The generator is a revolving field self-ventilated dip-proof single bearing type
and operates at 1800 RPM. 17 The enclosure is liquid-cooled using a fan and radiator
system.
Figure 4-1 shows an interior and exterior view of this diesel generator enclosure.
The exterior view of the generator is shown in (a). The major components within the
enclosure in (b) are the diesel engine in the center, the air filtration and exhaust systems
on top, the radiator and cooling fan on the far right, the generator on the bottom left, and
the back of the control panel, shown on the top left.
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(a)

air filtration/ exhaust

control
panel

diesel
engine

generator

cooling
fan/radiator

(b)
Figure 4-1
Active noise control was applied to this diesel generator enclosure to
minimize the radiated noise: (a) external view of the enclosure, (b) internal
components including the diesel engine (center), the generator (bottom left), and
cooling-fan/radiator (far right).
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4.1.1 Acoustical Characteristics
The passive control implemented on this enclosure is typical of what exists in
industry. The ceiling, doors, and side panels are lined with absorptive materials to
attenuate sound. The engine and turbine are shock mounted to a heavy-duty steel frame to
reduce structural vibrations. Lined ductwork exists on air intake vents to prevent a direct
path of sound transmission. A muffler is attached to the exhaust system to reduce exhaust
noise. Enclosure doors are well sealed when closed to prevent sound leakage, and to help
the vibration in the panels.
Manufacturer’s specifications indicate that this unit operates at 66 dBA fully
loaded at 23 feet.17 Autospectrum measurements of radiated sound taken both inside and
outside of this generator enclosure are shown in Figure 4-2 (a) and (b). In addition to the
spectral data included in these plots, an overall A-weighted SPL level is also calculated
and shown in the legend in the top right. Since this is an overall value, it is calculated for
these plots and all others, using the entire frequency spectrum measured from 0 to 12800
Hz.
Figure 4-2 (a) shows an autospectrum measurement taken within the enclosure.
This plot shows the significant broadband and tonal noise produced within. The first two
dominant tones occur at 62 and 124 Hz when the unit is unloaded. Broadband levels
within the enclosure range from 75 to 85 dB at 0 to 200 Hz, 65 to 75 dB from 200 to 400
Hz, and above 400 Hz around 65 dB. The legend in the top right corner shows the Aweighted SPL of 98.5 dBA measured at the microphone.
Figure 4-2 (b) shows an autospectrum measurement taken from an exterior
location near an air intake vent. The same dominant tones exist as well as some similar
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harmonics. Although lower in magnitude, broadband noise is still present in levels
ranging from about 45 to 65 dB for frequencies between 0 and 1000 Hz.

(a)

(b)
Figure 4-2
Autospectrum measurements of the diesel generator: (a) interior
measurement taken near the engine, (b) exterior measurement taken near an airintake vent.
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4.1.2 Intensity and Surface Velocity Scans
Noise produced from the diesel engine, cooling fan, generator, and other
components, passes through the enclosure, as well as excites the enclosure, producing
radiated noise. Intensity and surface velocity scans were performed on the enclosure to
identify these propagation paths.
Sound intensity is the time average rate of energy transmission through a unit area
normal to the direction of propagation.7 It is a vector quantity with a magnitude and
direction. 18 An intensity scan can identify the magnitude and location of noise sources.
The following intensity scans were taken using a sound intensity probe and a
scanning grid. Intensity levels were calculated and A-weighted using a Larson Davis
(LD) Model 2260 sound intensity probe, and an LD Model 2900 analyzer shown in
Figure 4-3. 19

Figure 4-3
analyzer.

Larson Davis Model 2260 sound intensity probe and Model 2900
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Intensity was measured normal to the plane of the enclosure at 2 cm from the
surface. Ten averages were taken at each data point and were measured at 10 cm
increments across each side of the enclosure. Overall intensity levels were recorded at
each scan point, and each side of the enclosure was scanned. Once measurements were
made, scanned data points were imported into MATLAB®, where data was interpolated
and plotted. Code used to create these plots is included in section 0 of the Appendix.
Each of the intensity scans shown in Figure 4-4 was plotted and then imposed on
pictures of the specified side of the enclosure for reference. Intensity levels are in dBA,
and were calculated using IL = 10 log10 ( I / I ref ), where the reference intensity, Iref, is 10-12
W/m2. The color bar in the top left of each plot shows how color corresponds to Aweighted intensity levels. Each of these scans is similarly scaled for comparison
purposes.
In Figure 4-4 (a), the highest intensity levels are at the power terminal hatch, the
door handle, and the exhaust-vent area (top left corner). In (b), the highest levels are
coming from the large air-intake vent, the two door handles, and the exhaust-vent area
(top right corner). On the control-terminal-side of the enclosure shown in (c), the highest
levels are radiating from the two air-intake vents. Although the door handle over the
control terminal is similar to the others, noise is not radiating from it as with the other
handles. This is due to the presence of the control panel, which prevents a direct sound
propagation path from the enclosure. In (d), the gas tank access (dark hole in the bottom
center) is a significant radiation path out of the enclosure. In the top portion of this figure,
intensity levels are also seen to increase due to the presence of the engine and air exhaust
vents directly above.
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(a)

(b)

(c)

(d)

Figure 4-4
Intensity scans of the four exterior sides of the diesel generator
enclosure (levels in dBA re 10-12 W/m2): (a) little-door side, (b) large air-intake vent
side, (c) control terminal side, (d) gas tank side.
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From this data, it is apparent that the highest concentration of radiated noise is
propagating through inadequately sealed regions of the enclosure. The air-intake and
exhaust vents are the most dominant of these regions on the enclosure and account for
3.5% of the total surface area of the enclosure. The two ends of the enclosure, (c) and (d),
show the highest levels of radiation from the enclosure. The side that sees the lowest
levels of radiation is the little-door side (a).
The surface velocity of a vibrating object is associated with the amount of sound
it produces. The surface velocity of the exterior enclosure panels were measured to help
identify panel vibration characteristics and to identify possible regions of high vibration.
Surface velocity measurements were performed on each of the four sides of the
enclosure with a scanning laser Doppler vibrometer (SLDV). These measurements were
taken using a Polytec PSV-400 SLDV shown in Figure 4-5. Signal processing was
performed using PSV 8.3 software. 20
Scan points were spaced at 10 cm increments across each side. Vibration
velocities were measured with ten averages taken at each scan point. These results are
presented in Figure 4-6. These velocity amplitudes are similarly scaled and range from 0
to 6 mm/s. These data were taken over a frequency span of 0 to 1000 Hz.
The surface velocity amplitudes are highest on the little-door side of the enclosure
shown in Figure 4-6 (a). These levels are nearly twice as high as the other sides of the
enclosure. On a linear scale, these levels range from 1 to 6 mm/s. There are four
prominent vibrating regions on this side of the enclosure. In (b), levels are highest on the
door without a vent -- the entire panel is being exited. The door with the vent does not see
the same vibration levels due to the stiffness the vent structure adds to the door. 21 The
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control-terminal-side of the enclosure shown in (c) sees the highest amplitude in the door
and panel between the two exhaust vents. The gas-tank-side of the enclosure in (d) is
being excited in the top middle panel and in the region and a little on the middle edges.

Figure 4-5
Polytec PSV-400 scanning laser Doppler vibrometer and computer
interface utilizing PSV 8.3 software.

In these velocity scans, regions where panels are unsupported have the highest
surface velocities. The supported regions are located on outside edges, regions where two
panels come together, and areas where exterior panels are bolted to the enclosure.
In summary, the intensity scans contain the acoustic information for the entire
field normal to the surface of the enclosure. This includes panel vibration, as well as
noise radiating from within the enclosure. The surface velocity information is useful in
analyzing the amplitudes of vibration for the enclosure, but it is difficult to predict how
much noise actually radiates from these panels.
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(a)

(b)

(d)

(c)

Figure 4-6
Surface velocity scans of the four exterior sides of the diesel generator
enclosure: (a) little-door side, (b) large air-intake vent side, (c) control terminal side,
(d) gas tank side.
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Since the intensity scans pick up all acoustic information, the surface velocity
contributions to the overall acoustic levels can be determined from the intensity scan
plots. When comparing the regions of highest radiation for a surface velocity scan to the
same regions on the associated intensity scan, it is clear that the most noise is created by
noise within the enclosure radiating out of vents and other openings in the enclosure, and
not by noise created by vibrating panels. This indicates that if the noise radiating from
within the enclosure is reduced, the desired levels of attenuation will be met without the
need of pursuing panel vibration control methods. Vibration characteristics of the exterior
part of the enclosure structure show regions where amplitudes are high, but when these
regions are compared to the same locations on the intensity scans, they are not
significant.

4.1.3 Noise Propagation Paths
From these scans, it is clear that the major acoustical paths for sound radiating
from the enclosure are the regions were noise has the most direct propagation path. These
regions are the three air intake vents located on the side panels, an air exhaust vent
located on the roof of the enclosure, the power terminals accessible by a hatch door, the
door handles that open directly into the enclosure, and the gas tank access. As seen in the
surface velocity scans, panel radiation is another source contributing to the overall sound
radiated from this enclosure, but radiation from panel vibration is less significant.

4.2 CONTROL SENSORS AND ACTUATORS
Different types of sensor and actuators were used in the ANC system including an
ED sensor, control speakers, and an acoustic reference sensor. Other pressure
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microphones were used to measure how well the control system was performing inside
and outside of the generator enclosure. This section identifies the types of components
used in the control system and elsewhere. It also specifies how speakers and microphones
were driven or powered, and where they were located.

4.2.1 Energy Density Sensors
In this research an ED probe is used to measure pressure and to approximate
particle velocity. This ED probe, seen in Figure 4-7, consists of six inexpensive electret
pressure microphones arranged orthogonally on a two-inch sphere. Each orthogonal pair
of microphones is amplitude matched within ±0.25 dB and phase matched within ±1
degree at 100 Hz to minimize bias and approximation errors.6,8

Figure 4-7
A 3-dimensional energy density sensor with 6 electret microphones
spaced on orthogonal axes mounted in a 2-inch wooden sphere.
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The pressure values for ED calculation are obtained by averaging the pressure
measured at all six microphones. The particle velocity is approximated using a twomicrophone method for pressure gradient estimation. Once this value is obtained, Euler’s
equation, Equation (4.1) , is used to calculate the particle velocity.4,22 Since this is a 3dimensional ED probe, a pressure gradient is measured for each of the orthogonal
directions x, y, z. These three equations below show how the particle velocity is
r
estimated for u in the x direction

−ρ

∂u x
= ∇p
∂t

ux = −
ux ≈ −

1

∂

pdt
ρ ∫ ∂x

Δt
∑ ( p2 − p1 ).
ρΔx

(4.1)
(4.2)

(4.3)

For this research, a digital signal processor (DSP) is used to calculate the particle
velocity, so the integral in Equation (4.2) needs to be discretized. Equation (4.3) is this
r
discretized form and is used to approximate the particle velocity u in real time, where Δt

is the time between samples (1/sampling frequency), Δx is the microphone separation
distance which for a 3D sphere is 3/2 times the microphone pair spacing, and p2 , p1 are
the pressures measured at the two microphones.6,22 The control algorithm implemented in
this research estimates the three particle velocity signals in real time using exponential
weighting.
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4.2.2 Pressure Sensors
For feedforward control, an LD 2551 ½-inch ICP pressure microphone connected
to a LD PRM426 preamplifier was used to obtain an acoustic reference signal. This
microphone and preamplifier are shown in Figure 4-8. This reference sensor was
mounted near the engine and was covered with a 3-inch foam windscreen to help reduce
wind noise. Other non-acoustic reference signals were investigated such as an
accelerometer and a tachometer signal from the engine.

Figure 4-8
Larson Davis ½-inch 2551 ICP pressure microphone and PRM426
preamplifier.

The global control performance was measured using these same ½-inch ICP
pressure microphones. Five microphones were placed in different exterior locations to
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measure the extent of global control. These observational microphone locations are
shown in Figure 4-9. Microphones are placed in regions near areas where radiation from
the enclosure was highest (near air-intake and exhaust vents), with exception of the littledoor side of the enclosure.

(a)

(b)

(c)

(d)

Figure 4-9
Five exterior observation microphone locations: (a) near the right and
left control panel air-intake vents, (b) near the little-door side, (c) near the airexhaust vents, (d) near the large air-intake vent.
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4.2.3 Control Actuators
The secondary control system used an 8-inch Kenwood® subwoofer shown in
Figure 4-10. Due to space constraints, this 8-inch Sub was limited to the region within the
enclosure above the generator (refer back to Figure 4-1). Other smaller drivers were
tested but could not produce control levels necessary while maintaining stability. The
control actuator as well as error and reference microphones were mounted within the
enclosure using NOGA® holding systems, modified to hold speakers and microphones.
A power amplifier was used to boost the control output to required levels.

Figure 4-10
Subwoofer.

The secondary control speaker used in this research was an 8-inch
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4.3 CONTROL SYSTEM ELECTRONICS
The control system electronics used in this research include a DSP, power
supplies, A/D and D/A converters, reference and control signal filters, signal amplifiers,
and control system inputs and outputs. The DSP and I/O boards were purchased from
Traquair™ and all other electronics were custom built and assembled for this research.
This control hardware is shown in Figure 4-11.

Figure 4-11 DPS (on top) and signal conditioning box (on bottom) were used to
perform ANC on the diesel generator enclosure. The software running in the
background is used to interface with the DSP.

4.3.1 Digital Signal Processing
Both feedforward and feedback algorithms used in this research were
implemented and run on a C6713Compact TMS320C6713 DSP Processor. The I/O board
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associated with this DSP hardware has multiple input and output capability. This I/O
board also performs A/D and D/A conversions. The DSP interfaces with electronics that
provide signal conditioning. Control algorithms were loaded onto the DSP using a Code
Composer Studio™ C/C++ programming environment.

4.3.2 Signal Conditioning
Electronics were custom built to provide signal conditioning for the control
system. These electronics perform the following functions:
•

Provide an interface for error and reference sensor inputs

•

Provide an interface for analog outputs to control actuators

•

Provide a DSP interface for the control system

•

Perform anti-alias filtering

•

Low-pass filter inputs and output for stability and control optimization

•

Adjust signal gains for inputs and outputs

•

Monitor control signals

•

Power ED sensor electronics

4.4 MEASUREMENT EQUIPMENT
Control system performance was measured inside and outside the enclosure.
Autospectrum

measurements,

coherence

between

error

and

reference

sensor

microphones, and overall SPL levels were measured to document how well control
systems were performing.
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4.4.1 Observational Microphones
These measurements were taken using multiple LD ½-inch ICP pressure
microphones connected to LD PRM426 preamplifiers. These microphones were mounted
on microphone stands outside of the enclosure, and were mounted with NOGA magnetic
base holding systems within.

4.4.2 Data Acquisition
A Brüel & Kjær PULSE™ Sound & Vibration Analyzer was used for data
capture. The PULSE front end hardware and the LabShop software running in the
background are shown in Figure 4-12. The front end was a portable multichannel Type
3560 D data acquisition unit which interfaced directly with PULSE LabShop version 9
software. Measurements were taken over a 12.8 kHz band with 30 seconds of averaging.

4.4.3 Post Processing
Measurements were imported from PULSE LabShop into MATLAB, where plots
showing attenuation at different frequencies as well as overall SPL reductions were
generated. A sample of the code used as well as detailed instructions of how to import
data from PULSE LabShop version 9 into MATLAB is included in the Appendix.
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Figure 4-12

The Brüel & Kjær PULSE Sound & Vibration Analyzer.
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5

MEASUREMENTS AND RESULTS

In this chapter, feedforward results are presented and the associated constraints
are discussed. Feedback control results are also presented. Results for the two types of
control systems are then compared.

5.1 FEEDFORWARD CONTROL
As discussed in Section 3.2, feedforward control is a feasible option when a sound
field can be predicted before it reaches the error sensor. Feedforward configurations must
be set up with coherence and causality in mind. Coherence deals with how well the error
and reference signals are correlated, and is discussed in Section 5.1.1. Causality is
associated with acoustic and electronic time delays. If a system does not satisfy this
constraint it will be ineffective in canceling broadband noise.3 A system is causal if the
time for the primary signal to propagate from the reference to error sensor is greater than
the time for the reference signal to be processed by the DSP, sent as a control signal
through the secondary source, and arrive at the error sensor. In other words, if the
acoustic delay for the primary source is greater than the electrical/acoustic delays for the
secondary control path, a system is causal.5

5.1.1 Coherence
Control of broadband and tonal noise using feedforward configurations requires
good correlation between error and reference sensor signals. Coherence is a measure of
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this correlation and is defined as the degree of linear relationship between two signals at
any given frequency. It is calculated from the autospectra Saa and Sbb of two signals and
their cross-spectrum Sab as shown in Equation (5.1).5,23,24 According to this equation, the
coherence γ 2 (which is defined as a magnitude squared value) is a function of frequency
and has values from 0 to 1

γ (f) =

S ab ( f )

2

2

S aa ( f ) ⋅ S bb ( f )

.

(5.1)

When two signals have a perfect linear relationship the coherence will be 1, and
attenuation will not be limited by this constraint. Coherence can be diminished if random
noise is introduced at the error or the reference sensors, or if a nonlinear relationship
exists between the two.5 In feedforward control, the amount of attenuation possible at any
given frequency is
dB ( f ) attenuatio n = − 10⋅log 10 (1 − γ 2 ( f )).

(5.2)

This equation shows that coherence can be a limiting factor for a control system. For
example, if the coherence at a given frequency is 0.9 then only 10 dB of attenuation is
possible. If coherence drops to 0.5 then only 3 dB attenuation is possible. Because
coherence is a function of frequency, there may be some frequencies where control is
possible and others where it is limited or unattainable.
For this research, coherence within the generator enclosure limited the amount of
control achieved. Since coherence is diminished by random noise and nonlinear effects,
attempts were made to identify these sources. Nonlinearity and random noise could be
from wind blowing across microphones, high noise levels within the enclosure, multiple
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sound sources, or sensor vibration. The noise amplitudes encountered within the
enclosure, however, indicate that nonlinearities were not present.
Measurements were taken within the enclosure to help identify the factors that
most affect coherence. The following factors were varied: microphone windscreens,
distance between microphones, having enclosure doors opened or closed, and
microphone mounting methods.
The presence of wind-noise is associated with how fast air moves past the
microphones. Air moving past microphones is a very common source of random noise.
The effects of wind-noise on coherence were tested by making measurements with and
without windscreens.
High amplitude noise can introduce nonlinear effects at microphones. Since
opening the enclosure doors helps to reduce the sound levels within, this was chosen as a
test variable. Opening the enclosure doors also reduced the wind-speed in many regions
within the enclosure.
Measurements taken early in this research revealed that coherence between
microphones was degraded as spacing between the microphones was increased. It is
likely this is caused by the presence of multiple sound sources within the enclosure.
Because microphone spacing affects coherence, it was included as a variable in these
tests.
Lab experiments revealed that noise can be introduced into pressure data if
microphones sense different vibrations. These effects were tested by varying how
microphones were mounted. Measurements were taken with the microphones mounted on
the same and different stands. For configurations where microphones were placed on
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different stands, the bases were mounted in a different region to ensure vibration
characteristics were somewhat uncorrelated.
Statistical methods were used to test how each of these parameters affect
coherence within the enclosure. An effects analysis was performed using a fractional
factorial design developed for four factors and their interactions. 25 This analysis
statistically determines which factors significantly influence a measurement outcome, and
which factors do not. The four factors described previously were the parameters used in
this test and the test outcome was the average coherence measured from 0 to 300 Hz (the
target range of ANC).
In this test, the four factors were varied as follows: microphones with or without
wind-screens, enclosure doors open or closed, microphones spaced 3 or 6 inches apart,
and microphones mounted on the same and different stands. Levels for these factors are
specified for each of the eight runs as shown in Table 5-1. The coherence values that
were measured for each of these runs is also included in this table. The two-factor
interactions (interactions between the four main test variables) E1 through E3 are
confounded with each other as follows: E1 = X1X2+X3X4, E2 = X1X3+X2X4, E3 =
X1X4+X2X3. This experiment was designed so the main effects were clear of the two

factor interactions. Each of these measurements were taken in the enclosure with the
engine running. Run order was randomized to ensure unbiased results.
The effects calculated for each of the four factors and their interactions a
presented in a Pareto Chart in Figure 5-1. These effects were calculated by assigning each
of the four factors a value of 1 and -1. The sum of the products was calculated by
multiplying the column of each of these variables with the average coherence values. A
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single sum of the squares value was obtained for each of these factors, and from this the
magnitude of the effect was calculated. These results show how much each variable
affects coherence from 0 to 300 Hz.

Table 5-1

Run
1
2
3
4
5
6
7
8

An Eight Run Fractional Factorial Design for Four Factors – the four
main effects are the X-variables and the two factor
interactions are the E-variables.
Wind
Mic
Screens Spacing
X1
X2
Yes
No
Yes
No
Yes
No
Yes
No

6"
6"
3"
3"
6"
6"
3"
3"

Same
Stand
X3

Doors
Open
X4

E1

Yes
Yes
Yes
Yes
No
No
No
No

Yes
No
No
Yes
No
Yes
Yes
No

1
-1
-1
1
1
-1
-1
1

E2

E3

Average
Coherence
(0-300Hz)

Y
1
-1
1
-1
-1
1
-1
1

1
1
-1
-1
-1
-1
1
1

0.63
0.57
0.82
0.40
0.71
0.26
0.79
0.76

The smallest effects in this graph are assumed to be noise. Since noise is known to
have a linear distribution, a line can be drawn through these smallest values and
represents the boundary of measurement noise, or the boundary of significance.25 Since
the three smallest values are only noise, they do not have an effect on coherence. The first
four values, X1, X4, X2, and E3, are well above this line of significance. This indicates that
these four factors are important in maximizing coherence within the enclosure.
From these results, windscreens, enclosure doors, and microphone spacing are
found to influence coherence. The two-factor interaction E3 is also important. E3
represents the interactions of X1X4+X2X3. Since the factor X3 is not significant, anything
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multiplied with it is also insignificant. Therefore E3 consists of X1X4 showing that the
interaction of windscreens and opening and closing the enclosure doors is important.

Figure 5-1
A Pareto chart plotting the effects of four test variables on coherence
from 0 to 300 Hz and their two factor interactions.

These results show that coherence in the range of 0 to 300 Hz is best when
windscreens are placed over the microphones, the enclosure doors are closed, and the
microphone spacing is minimized. Different vibrations from the method of mounting
microphones does not influence coherence. Because the wind-screen factor X1 and the
doors-open-or-closed factor X4 significantly interact, it is hard to say how and if windnoise and nonlinear effects are correlated. Since both these factors influence wind-speed
present at the microphones this is likely the reason they interact. The data gathered for
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this measurement (two autospectra and one coherence) as well as a picture of each of the
measurement configurations are included in the Appendix.

5.1.2 Tachometer Reference
Using a non-acoustic reference signal is one way to avoid problems involving
coherence. This method is effective for attenuating tones, but does not accommodate
broadband control. Using a non-acoustic tachometer signal as a reference sensor was
investigated in this research. A tachometer signal is available on the diesel generator unit
and corresponds with the engine cycle speed of 62 Hz. This signal drops down to 60 Hz
as the generator is loaded, and directly correlates with the dominant first harmonic visible
in a noise spectrum of the enclosure (see Figure 4-2).
This reference signal was obtained by running a wire from the tachometer
mounted in the control terminal box. The voltage levels were around ± 300 Vrms, so they
had to be scaled down to ± 2.5 Vrms to avoid damage to the hardware and to make the
signals manageable in the DSP.
The tone at 62 Hz was controlled using the tachometer reference. The control
actuator was placed within the enclosure above the generator as seen in Figure 4-10. The
error sensor was mounted near the ceiling of the enclosure towards the engine. The
control source was limited to this location due to space constraints within the enclosure.
The error sensor was mounted near the engine because a significant amount of tonal noise
originated from here. Five external microphones were used to measure the global extent
of this control configuration. These microphone locations are shown in Figure 4-9.
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Results are presented for control at the error sensor and at an exterior microphone
near the little-door side of the enclosure. These data are shown in Figure 5-2 and Figure
5-3, respectively.
Figure 5-2 shows tonal control at the error sensor. At this location the first
dominant tone is reduced by approximately 10 dB. This lack of control even at the error
sensor indicates that the tachometer is limited in effectiveness as a reference signal.
Control at this first harmonic leads to a similar reduction in the third harmonic. Control at
the second, fourth, and other higher harmonics was limited by the information from the
reference signal. The overall A-weighted SPL reduction is about 0.58 dBA at the error
sensor. Due to the nature of A-weighting, the lower frequencies shown in the figure have
less effect on the SPL measurement than the higher ones. Figure A-1 in the Appendix
shows these A-weighting filter characteristics.

Figure 5-2
Results measured at the error sensor for feedforward control with
tachometer reference.
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Figure 5-3
Results measured exteriorly near the little-door side of enclosure for
feedforward control with tachometer reference.

Control results in Figure 5-3 were taken at an exterior location near the little door
side of the enclosure. These results show a reduction of about 15 dB at 62 Hz. Other
slight reductions occur at the second, third, and seventh harmonics. The overall Aweighted SPL reduction at this location is 0.79 dBA. Control results at four other exterior
locations are presented in the Appendix in Figure A-21 through Figure A-26. These
results show similar reductions of 5 to 10 dB reduction at these tones. The average global
reduction calculated from the overall SPL reductions at the five exterior microphones is
0.47 dBA.

55

5.1.3 Pressure Microphone Reference
Global control of both broadband and tonal generator noise is the objective of this
research. Since a pressure microphone obtains information about the entire sound field, it
can be used as a reference sensor to control tonal and broadband components.
As discussed previously, coherence and causality constraints must be met for
broadband control. Locations for error sensor, control speaker, and reference sensor were
found that took these constraints into consideration. The following rules were adhered to:
•

The distance between the error and reference sensors must be greater than
the distance between the error sensor and control source.

•

Acceptable coherence between the reference and error sensor must exist
for as many frequencies as possible, where acceptable is defined as
coherence of 0.5 (3 dB control possible) or more.

Finding an ideal control location that met these conditions proved very difficult.
Minimizing the distance between error sensor and control speaker was necessary for
maintaining coherence, while increasing this distance was required to satisfy causality
constraints.
The majority of noise within the enclosure is produced by the diesel engine. This
was determined by measuring the intensity in different regions within the unit. Best
control results were obtained when the reference sensor was placed near the engine. The
error sensor was placed in interior regions near the ceiling of the enclosure and near the
center above the engine. The most effective place for the control speaker was above and
to the side of the generator and towards the center of the enclosure. The control
configuration found to give the best control results is shown in Figure 5-4. The distance
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from the control speaker (top left) to the error sensor (top center) was 0.35 m and the
distance between the error and reference sensors (bottom center) was 0.6 m. For this
configuration, acceptable broadband coherence was limited to a small region from 130 to
180 Hz.

error sensor
control
source

reference
sensor

Figure 5-4
Feedforward control configuration showing the best control locations
found for control source, error, and reference sensors.

Global reduction was optimized for this configuration by maximizing the number
of H-taps and W-taps (the number of H and W filter coefficients, see Chapter 3). These
values were both set at 200. In an attempt to improve coherence, a windscreen was made
for the 3D ED sensor. This helped improve control system performance and coherence
between error and reference sensors. Results presented for this configuration were
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measured at one of the error sensor microphones and in five exterior microphone
locations, similar to those used for tachometer reference control. Results obtained using
this configuration are presented in Figure 5-5 through Figure 5-11.

Figure 5-5
Interior Results measured at the error sensor for feedforward (FF)
control with microphone reference and 200 W and H taps.

Control at the error sensor provided tonal reductions of 20 dB at 62 Hz, 12 dB at
124 Hz, and 8 dB at 195 Hz. From 0 to 250 Hz, frequencies exist where the broadband
noise levels were made better and worse. For the regions from 250 to 500 Hz however,
broadband reductions of 2 to 4 dB occurred without increased levels elsewhere. Although
the low-pass filter cutoff frequencies for the error, reference, and control signals were set
at 310 Hz for this research, regions above this value can still be influenced by the
controller.
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For feedforward control, the amount of broadband attenuation possible is limited
by coherence between the error and reference sensors. The coherence values for this
configuration are shown in Figure 5-6. The regions of attenuation at the error sensor
correlate with frequencies where coherence is good. At frequencies around 305 and 340
Hz, coherence is good, but control is not obtained. This may be due to the acoustics
associated with the enclosure dimensions. Coherence is a value that helps predict how
well as system can perform, but not always how well it does perform.

Figure 5-6
Coherence measured between error and reference signal before
control is run.

Figure 5-7 through Figure 5-11 show control results for exterior locations.
Microphones are placed on three sides of the enclosure and also above the enclosure to
measure how reduction within influences noise radiating from the enclosure (see Figure
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4-9). These exterior measurements show an average global reduction of 1.0 dBA
everywhere with reduction levels at these locations varying from 0.4 to 1.6 dBA. The
overall A-weighted SPL levels shown in the legend of each plot were calculated for the
entire frequency band (0 to 12800 Hz). This overall attenuation value gives a better sense
of the effects of control over the entire frequency spectrum since control results are only
shown from 0 to 500 Hz.
For the exterior regions near the two small air-intake vents, shown in Figure 5-7
and Figure 5-8, control performance is good. The first two major tones are reduced by 10
to 15 dB. Other regions see control of 1 to 4 dB. Frequencies in Figure 5-6 where control
is achieved are generally seen to correspond regions of acceptable coherence.
The best exterior control was measured near the little-door side of the enclosure
shown in Figure 5-9. Control may be best at this location due to the limit of direct sound
propagation paths. The first and second engine harmonics at 62 and 124 Hz are reduced
13 and 4 dB respectively. The fourth harmonic around 248 Hz sees a reduction of 7 dB.
Frequencies at 390 Hz and 430 Hz also see 6 to 7 dB attenuation.
These last three control regions at 248, 390, and 430 Hz in Figure 5-9 show
significant attenuation, yet control the at the error sensor (Figure 5-5) shows only 1 to 2
dB reduction, if any, at these frequencies. There are 6 pressure microphones on the 3D
ED sensor but the error sensor attenuation and coherence plots shown here are only
associated with one. Since noise within the enclosure travels in all directions it is possible
that other error sensor channels show significant attenuation at these and other
frequencies. Due to limits in time and hardware control configurations coherence was
measured at only one of these error microphones and assumed to be similar. In reality,
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coherence between reference sensor and each of the six error microphones varied
somewhat.

Figure 5-7
Exterior results measured near the right control panel air-intake vent
for FF control with microphone reference and 200 W and H taps.

Data shown in Figure 5-10 were measured above the enclosure near the air and
engine exhaust vents. This is the loudest exterior region of the enclosure and SPL levels
are 5 to 10 dBA louder here than at other exterior regions. This region only sees a slight
reduction of 10 dB at the first engine harmonic, and very little elsewhere.
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Figure 5-8
Exterior results measured near the left control panel air-intake vent
for FF control with microphone reference and 200 W and H taps.

Figure 5-9
Exterior results measured near the little-door side of enclosure for FF
control with microphone reference and 200 W and H taps.
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Data shown in Figure 5-10 were measured above the enclosure near the air and
engine exhaust vents. This is the loudest exterior region of the enclosure and SPL levels
are 5 to 10 dBA louder here than at other exterior regions. This region only sees a slight
reduction of 10 dB at the first engine harmonic, and very little elsewhere.

Figure 5-10 Exterior results measured near the air-exhaust vent above the
enclosure for FF control with microphone reference and 200 W and H taps.

The data shown in Figure 5-11 were measured near the large air intake vent. This
observational microphone was the closest to the interior region where the error sensor
was located. The first harmonic is reduced 10 dB while control of broadband levels
across the frequency range are made 1 to 3 dB quieter and louder.
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Figure 5-11 Exterior results measured near the large air-intake vent for FF
control with microphone reference and 200 W and H taps.

A different set of measurements were taken using a control system configuration
very similar to the one shown in Figure 5-4. For this set of measurements, 120 W and H
taps were used. Control results were again measured at an error sensor microphone and at
the same five exterior locations. To avoid repetition, commentary on results is generally
limited to the discussion of significant similarities and differences between control using
200 vs. 120 W and H taps.
At an error sensor microphone (Figure 5-12), similar reductions of 20 and 12 dB
are seen at the first two harmonics. From 0 to 250 Hz broadband levels are made louder.
Broadband control from 1 to 3 dB is achieved in almost the entire region from 350 Hz to
just beyond 500 Hz. As was the case for the results obtained with 200 taps, control at this
particular error sensor microphone does not necessarily predict global attenuation.
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Figure 5-12 Interior results measured at the error sensor for FF control with
microphone reference and 120 W and H taps.

Figure 5-13 through Figure 5-18 show control at the same five exterior locations.
These measurements show an average global reduction of 0.8 dBA everywhere.
Reduction levels in these measurements range from 0 dBA to 1.9 dBA.
Figure 5-13 and Figure 5-14 show tonal control results for the first harmonic to be
5 to 7 dB greater. There are regions, especially in Figure 5-14, where broadband levels
are made a little higher or lower from control, but generally these results at these
locations are the same.
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Figure 5-13 Exterior results measured near the right control panel air-intake vent
for FF control with microphone reference and 120 W and H taps.

Figure 5-14 Exterior results measured near the left control panel air-intake vent
for FF control with microphone reference and 120 W and H taps.
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Figure 5-15 shows tonal control of 15 dB at the first harmonic and 5 to 10 dB
reduction at other tones. At this location broadband levels are control by 3 to 4 dB for a
broad range of frequencies from 100 Hz past 500 and up to 600 Hz. At this exterior
location the goal of 2 dBA reduction is nearly met.

Figure 5-15 Exterior results measured near the little-door side of enclosure for FF
control with microphone reference and 120 W and H taps. These results show some
significant feedforward broadband control.

Although results shown in Figure 5-16 and in Figure 5-10 look similar, almost no
overall reduction occurs for this configuration. Figure 5-17 shows some reduction at the
first harmonic but the overall SPL is not reduced.
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Figure 5-16 Exterior results measured near the air-exhaust vent above the
enclosure for FF control with mic reference and 120 W and H taps.

Figure 5-17 Exterior results measured near the large air-intake vent for FF
control with mic reference and 120 W and H taps.
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In summary, the control configuration using 200 W and H taps gives better global
control results. When using 120 W and H taps, the control system was able to achieve
more reduction near the little-door side of the generator. This reduction came at a cost
however, because levels above the air-exhaust vent, and by the large air intake vent were
not controlled at all.

5.2 FEEDBACK CONTROL
Feedback control was investigated in this research in attempt to improve global
broadband control. Results presented here were obtained using the feedback algorithm
that minimizes ED. For this particular algorithm three different feedback path updates
can be used; a single particle velocity signal, the average pressure for all error sensor
microphones, or the pressure signal from a single error sensor microphone. Results are
presented using each of these three update variables.
This section contains feedback control results where the distance between the
error sensor and control source is 0.3 m. This spacing was arrived at because it provided
more reduction at the exterior microphone locations than configurations spaced both
closer and farther apart. This same configuration is shown in Figure 5-18 and is used for
each of the three feedback path updates. For each control experiment, 64 W and 120 H
taps are used. For this configuration more than 64 W-taps made the system go unstable
regardless of how small the convergence parameter was. The convergence and stability
characteristics for each of these update paths are discussed in the following three
sections.
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Figure 5-18

Feedback (FB) control configuration where the distance between the
error sensor and the control source is 0.3 m.

5.2.1 Feedback Path Update Using a Single Velocity Signal
For the results presented in this section, a single particle velocity component
was used as the feedback path update signal. The third velocity signal from the error
sensor was used as the update, this signal worked best out of the three orthogonal
components. For this measurement, it was difficult for the control filter to converge. The
control filter would quickly go unstable if the convergence parameter μ was too large.
Eventually the system converged and overall exterior levels were reduced by 0.44 dBA
on average. These measurements varied from 0.13 and 0.79 dBA. Results at the error
sensor (Figure 5-19) and near the little-door side of the enclosure (Figure 5-20) are
included in this section. Results at all exterior locations are included in the Appendix.
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Figure 5-19 Interior results measured at the error sensor for FB control with 64
W-taps and 120 H-taps with a particle velocity component feedback path.

The control obtained at the error sensor shows tonal reductions for the first and
second engine harmonics of 8 dB, but broadband levels near these frequencies were
significantly increased by 5 to 10 dB due to instabilities. These instabilities were caused
by an over-amplification of the control signal. This is likely due to the inability of the
velocity feedback signal to update the control filter effectively for these frequencies.
Some limited broadband control of 1 to 2 dB was obtained in the frequency band between
300 and 400 Hz but nowhere else.
Control results at the exterior location near the little-door side of the enclosure are
shown in Figure 5-20. Tonal reductions of 6 to 8 dB are seen at 62, 245, and 360 Hz. As
seen at the error sensor, broadband levels are increased at lower frequencies from 30 to
100 Hz due to instabilities.
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Figure 5-20 Exterior results measured near the little-door side of the enclosure for
FB control. 64 W-taps and 120 H-taps are used and a particle velocity FB path.

5.2.2 Feedback Path Update Using an Average Pressure Signal
For results presented in this section, an average pressure value obtained from all
error sensor microphones was used as the feedback path update signal. Getting this
system to converge to an optimal control solution was challenging but the system overall
was more stable and converged easier then the previous one. This improved stability
became more apparent after the system began converging. The average reduction seen for
this configuration was 0.44 dBA.
Although average results were similar to those obtained previously, this system
had fewer instabilities and converged easier. From these results shown in Figure 5-21 and
Figure 5-22, tonal reductions were similar, but the amount of low frequency instabilities
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were significantly reduced. Broadband levels at the error sensor were similarly controlled
from 300 to 400 Hz.

Figure 5-21 Interior results measured at the error sensor for FB control with 64
W-taps and 120 H-taps with an average pressure feedback path.

Near the little-door side of the enclosure, tonal control was dominant once again.
Low frequency instabilities are again present but are not as prevalent.

5.2.3 Feedback Path Update Using a Single Pressure Signal
For this last configuration, a single pressure signal from the error sensor was used
to update the control system. The convergence of this system was much faster and easier
than the other two systems, and had smaller regions where levels were increased. It is
possible that these “instabilities” more prevalent for the previous two measurements were
due to a spillover, or an addition of unnecessary frequencies by the update signal. These
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instabilities were seen at frequencies surrounding the 124 Hz tone instead of the 62 Hz
tone as seen in the previous two configurations. The overall control performance was also
improved. The average reduction for the exterior measurement locations is 0.51 dBA.
These results are shown in Figure 5-23 and Figure 5-24.

Figure 5-22 Exterior results near the little-door side of the enclosure measured at
the error sensor for FB control with 64 W-taps and 120 H-taps and an average
pressure FB path.

At this exterior region near the little side door, levels were not increased in the 50
to 100 Hz region as readily as they were with the other path updates. The control
performance is limited to tonal control, but broadband levels do not get louder as they did
before. This control update path is able to provide a better update for the control filter
because it does not add unnecessary control signal. Although the reasons for this are not
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fully understood it has been suggested that this may be due to a better correlated error
signal.

Figure 5-23 Results measured at the error sensor for FB control with 64 W-taps
and 120 H-taps and a single pressure FB path.

5.3 CONTROL OBSERVATIONS
Feedforward and feedback control can both provide some global attenuation of
noise radiating from a diesel generator enclosure, although feedforward configurations
provided higher levels of attenuation. Using feedforward control, some tones were
reduced by up to 20 and 30 dB outside the enclosure. With feedback, these tones were
reduced 5 to 10 dB. Using a feedforward configuration, broadband levels outside the
enclosure were attenuated 3 to 5 dB, but were limited to only some frequencies For
feedback control broadband reductions were only seen at the error sensor. The average
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overall reduction for feedforward control measured outside the enclosure was 1 dBA. The
results for feedback control were 0.5 dBA.

Figure 5-24

Results measured near the little-door side of the enclosure for FB
control with 64 W-taps and 120 H-taps and a single pressure FB path.

In the course of this research, it was observed that global control improved as the
distance between the secondary source and the error sensor was increased. Increasing this
distance for feedforward configurations mean the separation distance between reference
and error sensor was also increased. This made the system causal but coherence between
the error and reference sensors was reduced. For feedback control, the closer the
secondary actuator was to the error sensor, the better the control system performed. This
improvement was seen only at the error sensor however, and not globally.
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6

CONCLUSIONS

In this chapter, results are summarized for both feedforward and feedback control
configurations. Recommendations are made for future research, and plans for publication
are discussed.

6.1 SUMMARY
Feedforward control results using an acoustic reference sensor show that global
exterior levels can be somewhat reduced by minimizing energy density within the
enclosure. This was generally accomplished by reducing radiated tonal noise, but for
broadband levels were reduced for limited configurations.
For a feedforward configuration using 200 W and H taps the overall exterior SPL
reductions were 1.0 dBA on average. These measurements were taken at five exterior
locations and varied from 0.4 to 1.6 dBA. At each location the first engine harmonic at 62
Hz was reduced by 10 to 15 dB. Other tones, some associated with engine harmonics and
others not, were also reduced. Slight broadband control of 1 to 2 dB was achieved at
some of these exterior locations.
Another feedforward configuration using 120 W and H taps resulted in an average
exterior SPL reduction of 0.8 dBA. These measurements were taken at the same five
exterior locations and varied from 0.0 to 1.9 dBA. Results at this best location showed
significant broadband attenuation of 3 to 5 dB from 100 to 600 Hz. Tonal reductions of 5
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to 15 dB where also achieved in this region. For this set of measurements, broadband
control was limited to this single location.
Control results were obtained using feedback control. Tones such as the first and
second engine harmonics were reduced by 5 to 10 dB and exterior SPL reductions ranged
from 0.1 to 0.9 dBA. The average global reduction measured at the five exterior locations
was 0.5 dBA. Using a single error sensor pressure signal as the feedback path update
gave the best results.

6.2 RECOMMENDATIONS FOR FUTURE RESEARCH
One of the limiting factors of this research was the location constraints for the
secondary control actuator. If a control source was specifically designed with the same
low end frequency characteristics, but was smaller and easily maneuverable within the
enclosure, control configurations would be less constrained and might be better optimized
for more extensive global control.
Development of custom windscreens for both error and reference sensors would
help to improve coherence. Some literature briefly mentions a probe tube that was
developed to improve coherence between error and reference sensors in turbulent
environments (see Kuo and Morgan pp. 325-326).3,26 Although these windscreens were
designed for pressure sensors and not ED sensors, the principles might be applied to
developing a 3D ED sensor windscreen.
Although feedback control minimizing ED has been successfully tested, there is
still much to learn. It was found that using a single error sensor microphone as a
feedback-path update signal provided best results. Pursuing feedback control using this
update may prove fruitful.
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6.3 PUBLICATIONS
A paper for this research was published in the proceedings of the 2006 Rocky
Mountain Space Grant Consortium Fellowship Symposium held May 8th 2006. A journal
article based on this research is currently being developed and will be submitted for
publication to the Institute of Noise Control Engineering (INCE).
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APPENDIX
This appendix includes code developed for intensity scans, feedforward and
feedback control etc.

A-WEIGHTING SOUND LEVEL FILTER
A-weighting is used to approximate how the human ear responds to a noise. In
this research, control system performance is measured using A-weighting.

Figure A-1

shows these A-weighting filter characteristics. 27

Figure A-1 A-weighted frequency response characteristics representative of how
the human ear responds to sound.
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MATLAB CODE
This section contains the MATLAB m-files used for intensity surface plot
generation.

Intensity Surface Plots
The following m-files were used to create intensity surface plots for scans of a
diesel generator enclosure. Four different m-files are included, one for each of the four
sides of the enclosure.

Code includes some comments and was implemented using

MATLAB version 6.5.
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% This program reads in a matrix of scanned intensity values from a
%
% text file and then uses bicubic interpolation to create a surface
%
% plot of the data. The resulting plots show the surface plots before,%
% (figure(1)), and after,(figure(2)), interpolation.
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% power terminal side of enclosure
clear all; clc; clf
fullscreen=[100 50 1000 600];
Z = load('west_side_doors_on.txt');
for kk = 1:20
X(kk) = .1*kk;
end
for jj = 1:13
Y(jj) = .1*jj;
end
X(1)
Y(1)
XI =
YI =

= 0;
= 0;
0:2.0/50:2.0;
0:1.1/50:1.3;

% specifies the row size of the matrix

% specifies the column size of matrix

% range of interpolation and number pts used

ZI = INTERP2(X,Y,Z,XI,YI','cubic');

% code specifies bicubic interp

set(figure(1),'Position',fullscreen,'Color',[1 1 1])
surf(X,Y,Z);
SHADING INTERP
xlabel('From the Exhast End to the Control Panel End')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
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title('Intensity of Voltage Source Side of Generator with Doors On')
colorbar
view([0 270])
axis square
% [A]=imread('genset5.jpg');
% image([0 1000],[0 600], A)

set(figure(2),'Position',fullscreen,'Color',[1 1 1])
surf(XI,YI,ZI)
SHADING INTERP
xlabel('From the Exhast End to the Control Panel End')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Voltage Source Side of Generator with Doors On')
colorbar
view([0 270])
axis equal
axis tight

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% This program reads in a matrix of scanned intensity values from a
%
% text file and then uses bicubic interpolation to create a surface
%
% plot of the data. The resulting plots show the surface plots before,%
% (figure(1)), and after, (figure(2)), interpolation.
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% big vent side of enclosure
clear all; clc; clf
fullscreen=[100 50 1000 600];
Z = load('east_side_doors_on.txt');
for kk = 1:20
X(kk) = .1*kk;
end

% specifies the row size of the matrix

for jj = 1:13
Y(jj) = .1*jj;
end

% specifies the column size of matrix

X(1)
Y(1)
XI =
YI =

= 0;
= 0;
0:2.0/50:2.0;
0:1.1/50:1.3;

% range of interpolation and number pts used

ZI = INTERP2(X,Y,Z,XI,YI','cubic');
interpolation

% code specifies bicubic

set(figure(1),'Position',fullscreen,'Color',[1 1 1])
surf(X,Y,Z);
SHADING INTERP
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xlabel('Across Vented Side of Generator')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Vented Side of Generator with Doors Closed')
colorbar
view([0 270])
axis tight
% [A]=imread('genset5.jpg');
% image([0 1000],[0 600], A)

set(figure(2),'Position',fullscreen,'Color',[1 1 1])
surf(XI,YI,ZI)
SHADING INTERP
xlabel('Across Vented Side of Generator')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Vented Side of Generator with Doors Closed')
colorbar
view([0 270])
axis equal
axis tight

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% This program reads in a matrix of scanned intensity values from a
%
% text file and then uses bicubic interpolation to create a surface
%
% plot of the data. The resulting plots show the surface plots before,%
% (figure(1)), and after,(figure(2)), interpolation.
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% gas tank side of enclosure
clear all; clc; clf
fullscreen=[100 50 700 600];
Z = load('north_side.txt');
for kk = 1:13
X(kk) = .1*kk;
end

% specifies the row size of the matrix

for jj = 1:14
Y(jj) = .1*jj;
end
X(1) = 0;
Y(1) = 0;
XI = 0:1.3/50:1.3;
YI = 0:1.4/50:1.4;

% specifies the column size of matrix

% range of interpolation and number pts used

ZI = INTERP2(X,Y,Z,XI,YI','cubic');

% code specifies bicubic interp

set(figure(1),'Position',fullscreen,'Color',[1 1 1])
surf(X,Y,Z);
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SHADING INTERP
xlabel('From the Vented Side (East) to the Voltage Source Side (West)')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Exhaust End (All Doors On and Closed)')
colorbar
view([0 270])
axis tight
% [A]=imread('genset5.jpg');
% image([0 1000],[0 600], A)

set(figure(2),'Position',fullscreen,'Color',[1 1 1])
surf(XI,YI,ZI)
SHADING INTERP
xlabel('From the Vented Side (East) to the Voltage Source Side (West)')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Exhaust End (All Doors On and Closed)')
colorbar
view([0 270])
axis tight

%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% This program reads in a matrix of scanned intensity values from a
%
% text file and then uses bicubic interpolation to create a surface
%
% plot of the data. The resulting plots show the surface plots before,%
% (figure(1)), and after,(figure(2)), interpolation.
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
% control terminal side of enclosure
clear all; clc; clf
fullscreen=[100 50 700 600];
Z = load('south_side.txt');
for kk = 1:13
X(kk) = .1*kk;
end

% specifies the row size of the matrix

for jj = 1:13
Y(jj) = .1*jj;
end

% specifies the column size of matrix

X(1)
Y(1)
XI =
YI =

= 0;
= 0;
0:1.3/50:1.3;
0:1.3/50:1.3;

% range of interpolation and number pts used

ZI = INTERP2(X,Y,Z,XI,YI','cubic');

% code specifies bicubic interp

set(figure(1),'Position',fullscreen,'Color',[1 1 1])
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surf(X,Y,Z);
SHADING INTERP
xlabel('From the Voltage Source Side (West) to the Vented Side (East)')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Control Panel Side (All Doors On and Closed)')
colorbar
view([0 270])
axis equal
% [A]=imread('genset5.jpg');
% image([0 1000],[0 600], A)

set(figure(2),'Position',fullscreen,'Color',[1 1 1])
surf(XI,YI,ZI)
SHADING INTERP
xlabel('From the Voltage Source Side (West) to the Vented Side (East)')
ylabel('From Bottom to Top of Generator')
zlabel('Acoustic Intensity')
title('Intensity of Control Panel Side (All Doors On and Closed)')
colorbar
view([0 270])
axis equal
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TUTORIAL: Exporting data from PULSE LabShop into MATLAB
Note: In order to export a data set from PULSE into MATLAB, a measurement must be

active. In order to set a saved measurement to an active measurement a Mark must be
set on it, otherwise the active measurement on the screen will be exported.
1. Put a Mark on a measurement by opening the measurement organizer:
Organizer // Measurement

2. Right click the measurement to export. A tab comes up on the right, select:
Add/Remove Measurement Mark // Mark 1
Note: If you have successfully added a Mark then (Mark 1) will appear next to the

measurement to be exported.
3. Next open the Function Organizer:
Organizer // Function

4. Right click on the function to be exported (for example Autospectrum(Signal1))
and select Properties.

A window will open with the name of the specific

measurement you want to export. In this window under the Follow Measurement
Mark select Mark 1. Once this Mark is set, it does not need to be changed if the

same functions are being exported for each measurement.
Note: All functions to be exported will have Mark 1 to the right of them in the Function

Organizer window.
5. Now open the Bridge to MATLAB tool as follows:
Organizer // Component // Tools // Bridge to MATLAB

6. Maximize the sub-file of the Function Group if needed and click in the box next
to all functions that have Mark 1 next to them.
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7. Choose a destination path to export the files into.

In the PULSE ASCII File

destination path box in this window type in the path, or browse for the path.

8. In the When files are generated area in the same window select Do nothing.
9. Push the Export button in the top right corner of this window.
10. To make sure the files were exported go to the destination path specified and
verify that an m-file called BKFiles.m was created as an ASCII text file for each
of the functions specified for exporting.
Note: It is recommended that a new folder is created for each measurement set that is

exported because the names for exported files will be the same and will automatically
over-write any previous files with the same name.

Signal Processing in MATLAB
Once data is exported from PULSE into MATLAB, the following code can be
used to plot the exported measurements.

This m-file is an example of a file used to plot

and save this data. It is helpful to mention that if the data is moved from one computer
to another, BKFiles.m will not correctly point to the data of interest. A way to overcome
this is to create text files of the exported data and use them when coding.
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%
%
written by Andrew Boone March 2005, modified July 2006
%
% This program reads in a structure of data exeported from PULSE v9.0 %
% This m-file also saves these script files in ASCII format so they
%
% can easily be transfer from folder to folder and from computer to
%
% computer
%
%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%%

clear; clc; clf;
BKFiles
% reference pressure for PULSE data
pref = 4e-10;
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xaxis = Group1.Function1.DatasetSection.X_axis;
autospec1 = 10*log10(Group1.Function1.DatasetSection.Data/pref);
autospec2 = 10*log10(Group1.Function2.DatasetSection.Data/pref);
coherence = Group1.Function3.DatasetSection.Data;
% saves a text file into the current folder
% for each of the desired variables
save coh_test_auto1_run1.txt autospec1 -ascii
save coh_test_auto2_run1.txt autospec2 -ascii
save coh_test_coher_run1.txt coherence -ascii
figure(1)
plot(xaxis, autospec1)
axis([0 500 min(autospec1)-5 max(autospec1)+5])
ylabel('dB')
xlabel('Frequency (Hz)')
title('Autospectrum')
legend('mic1')
grid
figure(2)
plot(xaxis, autospec2)
axis([0 500 min(autospec2)-5 max(autospec2)+5])
ylabel('dB')
xlabel('Frequency (Hz)')
title('Autospectrum')
legend('mic2')
grid
figure(3)
plot(xaxis, coherence)
ylabel('')
title('Coherence Between Mic 1 and Mic 2')
xlabel('Frequency (Hz)')
axis([0 500 0 1])
grid

93

ADDITIONAL MEASUREMENTS
This section contains some of the data gathered in the course of this research.

Coherence Tests
This section contains plots and figures of the data gathered for coherence tests
described in Section 5.1.1. Configurations and data for each of the eight runs are shown.
The table taken from Lawson and Erjavek25 for an eight run fractional factorial design for
four factors is also presented here.
Table A-1

An Eight Run Fractional Factorial Design for Four Factors.

Run

X1

X2

X3

X4

E1

E2

E3

1
2
3
4
5
6
7
8

-1
1
-1
1
-1
1
-1
1

-1
-1
1
1
-1
-1
1
1

-1
-1
-1
-1
1
1
1
1

-1
1
1
-1
1
-1
-1
1

1
-1
-1
1
1
-1
-1
1

1
-1
1
-1
-1
1
-1
1

1
1
-1
-1
-1
-1
1
1
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(a)

(b)

(c)
Figure A-2 Coherence measurements run 1 (wind-screens on, 6-inch spacing,
same stand, doors opened) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

(c)
Figure A-3 Coherence measurements run 2 (wind-screens off, 6-inch spacing,
same stand, doors closed) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

(c)
Figure A-4 Coherence measurements run 3 (wind-screens on, 3-inch spacing,
same stand, doors closed) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

Figure A-5 Coherence measurements run 4 (wind-screens off, 3-inch spacing,
same stand, doors opened) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

(c)
Figure A-6 Coherence measurements run 5 (wind-screens on, 6-inch spacing, diff.
stands, doors closed) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

(c)
Figure A-7 Coherence measurements run 6 (wind-screens off, 6-inch spacing, diff.
stands, doors opened) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

(c)
Figure A-8 Coherence measurements run 7 (wind-screens on, 3-inch spacing, diff.
stands, doors opened) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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(a)

(b)

(c)
Figure A-9 Coherence measurements run 7 (wind-screens on, 3-inch spacing, diff.
stands, doors opened) : (a) picture of setup, (b) autospectrum for microphones
including overall SPLs in legend , (c) coherence between microphones including
average value from 0 to 300 Hz in legend.
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Broadband effects of cooling fan
The acoustical contributions of the large cooling fan mounted within the
enclosure were of interest in this research. This cooling fan pulls air into the enclosure
through three air-intake vents mounted on the sides of the enclosure.

This air is blown

across a radiator and then out of the enclosure through an air-exhaust vent in the roof of
the enclosure.

This flow of air within the enclosure can cause wind noise at the

reference and error sensors.
Measurements were taken with and without the cooling fan shown in Figure
A-10, while the generator was running. These measurements were taken over a 12.8 kHz
span, with 1600 lines of resolution, and 25 seconds of exponential averaging with 50%
overlap.

Due to the limited spectral content at higher frequencies, and the lower

frequency relevance to ANC, the frequency range displayed is from 0 to 1.6 kHz.

(a)

(b)

Figure A-10 Measurements were taken while the diesel generator was running: (a)
with cooling fan, and (b) without cooling fan.
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Microphones were placed in different interior and exterior locations.

Four

microphones were placed within the enclosure in the following locations: near the engine
block, near the cooling fan (with windscreen), near the generator (with windscreen), and
near the ceiling above the generator.

Six microphones were placed in the following

different exterior locations: one microphone near each of the three air intake vents, near
the enclosure on the little-door side, directly above the air-exhaust vent, above and to the
side of the air-exhaust vent.

The results for all ten of the locations are shown in the

following figures.

Figure A-11 Interior measurement, with and without cooling fan, taken near the
ceiling above the generator.
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Figure A-12 Interior measurement, with and without cooling fan, taken near the
generator (windscreen was placed over this mic to reduce wind noise).

Figure A-13 Interior measurement, with and without cooling fan, taken near the
engine block (this mic is visible in Figure A-10 beside the engine).
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Figure A-14 Interior measurement, with and without cooling fan, taken near the
cooling fan (this mic is visible in Figure A-10 above the engine and was covered with
a windscreen to reduce wind noise).

Figure A-15 Exterior measurement, with and without cooling fan, taken near the
right air-intake vent on the control-terminal side of the enclosure.
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Figure A-16 Exterior measurement, with and without cooling fan, taken near the
left air-intake vent on the control-terminal side of the enclosure.

Figure A-17 Exterior measurement, with and without cooling fan, taken near the
near the enclosure wall on the little-door side.
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Figure A-18 Exterior measurement, with and without cooling fan, taken directly
above the air-exhaust vent located on the roof of the enclosure.

Figure A-19 Exterior measurement, with and without cooling fan, taken above and
to the side of the air-exhaust vent located on the roof of the enclosure.
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Figure A-20 Exterior measurement, with and without cooling fan, taken near the
large air-intake vent.

Feedforward Control Using a Tachometer Reference Signal
This section contains feedforward control results, where a non-acoustic
tachometer signal was used as the reference sensor. All these measurements were taken
externally on different sides of the enclosure as indicated in the title of each of the
following plots. The tachometer signal corresponds to the first harmonic of the engine
and occurs at 61 Hz. Overall reduction levels are over the frequency range shown in each
of the figures.
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Figure A-21 Exterior results measured near the right control panel air-intake vent
for FF control with tachometer reference.

Figure A-22 Exterior results measured near the left control panel air-intake vent
for FF control with tachometer reference.
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Figure A-23 Exterior results measured near the little-door side of enclosure for FF
control with tachometer reference.

Figure A-24 Exterior results measured near the air-exhaust vent above the
enclosure for FF control with tachometer reference.
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Figure A-25 Exterior results measured near the large air-intake vent for FF
control with tachometer reference.

Figure A-26 Interior results measured at the error sensor for FF control with
tachometer reference.
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Feedback Control Using a Particle Velocity Feedback Path

Figure A-27 Exterior results measured at the error sensor for FB control with 64
W-taps and 120 H-taps and a particle velocity FB path.

Figure A-28 Exterior results measured near the right control panel air-intake vent
for FB control with 64 W-taps and 120 H-taps and a particle velocity FB path.
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Figure A-29 Exterior results measured near the left control panel air-intake vent
for FB control with 64 W-taps and 120 H-taps and a particle velocity FB path.

Figure A-30 Exterior results measured near the little-door side of the enclosure for
FB control with 64 W-taps and 120 H-taps and a particle velocity FB path.
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Figure A-31 Exterior results measured above the air-exhaust vent of the enclosure
for FB control with 64 W-taps and 120 H-taps and a particle velocity FB path.

Figure A-32 Exterior results measured near the large air-intake vent for FB
control with 64 W-taps and 120 H-taps and a particle velocity FB path.
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Feedback Control Using an Average Pressure Feedback Path

Figure A-33 Exterior results measured at the error sensor for FB control with 64
W-taps and 120 H-taps and an average pressure FB path.

Figure A-34 Exterior results measured near the right control panel air-intake vent
for FB control with 64 W-taps and 120 H-taps and an average pressure FB path.
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Figure A-35 Exterior results measured near the left control panel air-intake vent
for FB control with 64 W-taps and 120 H-taps and an average pressure FB path.

Figure A-36 Exterior results measured near the little-door side of the enclosure for
FB control with 64 W-taps and 120 H-taps and an average pressure FB path.
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Figure A-37 Exterior results measured above the air-exhaust vent of the enclosure
for FB control with 64 W-taps and 120 H-taps and an average pressure FB path.

Figure A-38 Exterior results measured near the large air-intake vent for FB
control with 64 W-taps and 120 H-taps and an average pressure FB path.
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Feedback Control Using a Single Pressure Signal Feedback Path

Figure A-39 Interior results measured at the error sensor for FB control with 64
W-taps and 120 H-taps and a single pressure FB path.

Figure A-40 External results measured near the right control panel air-intake vent
for FB control with 64 W-taps and 120 H-taps and a single pressure FB path.
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Figure A-41 External results measured near the left control panel air-intake vent
for FB control with 64 W-taps and 120 H-taps and a single pressure FB path.

Figure A-42 External results measured near the little-door side of the enclosure for
FB control with 64 W-taps and 120 H-taps and a single pressure FB path.
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Figure A-43 External results measured above the air-exhaust vent of the enclosure
for FB control with 64 W-taps and 120 H-taps and a single pressure FB path.

Figure A-44 Results measured near the large air-intake vent for FB control with
64 W-taps and 120 H-taps and a single pressure FB path.
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